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A noise spectral estimator in a spectral suppression
method is proposed. Especially, a rapid adaptation for
noise spectral change is taken into account. In order
to estimate the noise spectrum quickly and accurately,
a detection method for a speech-absent frame and a
speech-present frame by using a voice activity detector
(VAD) is improved. Furthermore, an improved noise
spectral estimation method for the speech-absent frame
is proposed. The conventional method is applied to the
speech-present frame. The proposed method can esti-
mate the noise spectrum more precisely than the con-
ventional methods. The segmental SNR is improved by
2.0 3.8 dB and the normalized estimated error is im-
proved by about 3.2 4.7 dB for white noise and babble
noise, which are combined.
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h(n)xn−1(n) , 1 ≤ n ≤M

















ξˆ(l, k) = αγ(l−1, k)G2(l−1, k)+(1−α)P [γ(l, k)−1] (6)
α 0 < α < 1 P [x]
P [x] =
{









































1 + η(l, k)












q(l, k) = αqq(l − 1, k) + (1− αq)I(l, k) (13)
I0,I1 0 1 Bessel
q(l, k)
[5] γ(m, k) γth
I(m, k) = 1 γ(m, k) γth
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G(m, k) G(m, k) > Gfloor








3.1 VAD -Voice Activity Detector-





























P´r(l, k) · log(P´r(l, k)) (22)
P´r(l, k) =
Xenergy(l, k) + C∑2M
k=1 Xenergy(l, k) + C
(23)
3.2 Rapid Adaptation













N¯(l, k) = ρ(l, k)·N¯(l−1, k)+(1−ρ(l, k))·|X(l, k)|2 (25)








P (l, k) (28)
P (k, l) = ηP (l − 1, k) + (1 − η)|X(l, k)|2 (28)
η
[6],[11]




−β · P (l − 1, k)) (If Pmin(l − 1, k) ≤ P (l, k)) (29)












Xenergy(l, k) 2 k
C
C = k · {max(Xenergy(l, k))}
















|X(l, k)|2mean = E[|X(i, k)|
2] (34)
N¯mean(l, k) = E[N¯(i, k)] (35)
(i ∈ all speech-present frames,up to lthframe)
δ(l, k)

























z(l, k), Z˜(l − 1, k)
]
l < Tinit[
z(l, k), Z˜(l − 1, k)
]
γˆ(l, k) < θZ
Z(l − 1, k) otherwise
(39)
Z˜(0, k) = 01×(Lz−1) (40)







(38) ψ(Z(m, k)) Z(m, k)















ε(l) = 10 log10
(∑M
k=0










































SNRseg = 0db 3
3kHz 4

















































SNRseg [dB] 0 3 6 9
MMSE STSA( ) 10.58 12.34 14.32 16.45
MMSE STSA( ) 3.147 5.254 6.859 8.057
MMSE STSA( ) 5.314 7.475 9.642 11.89
Joint MAP( ) 10.58 12.36 14.33 16.42
Joint MAP( ) 3.180 5.612 7.450 8.904
Joint MAP( ) 5.388 7.595 9.972 12.30
2:
SNRseg [dB] 0 3 6 9
-0.4373 -0.6667 0.4369 2.152
-4.517 -3.864 -3.187 -2.521
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